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Summary 

In a situation where a number of digital sound signals, all from 
sources operating at nominally the same sampling frequency, need to be 
processed, a variable delay technique may be used to synchronise the signals 
at the input to the processor. 

This Report describes experimental equipment which changes the 
sampling rate of a digital sound signal by using a variable delay which is 
automatically reset during programme pauses. Listening tests have indicated 
that the adjustment of sampling rates by a small amount using this technique 
can be achieved with little or no impairment to the sound signal. 
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DIGITAL SOUND: SAMPLING-RATE SYNCHRONISATION BY VARIABLE DELAY 

N.H.C. Gilchrist, B.Sc., C.Eng., M.I.E.E. 



1. Introduction 

When two or more digital sound signals are 
brought together in digital processing equipment 
(e.g. a digital mixer), the sampling rates of the 
signals must be synchronous for the necessary 
arithmetic operations to take place. It will not 
always be possible to arrange for digital signals to 
be generated synchronously, either because of the 
remoteness of a source from the processor or 
because of the conflicting requirements of several 
processors taking signals from a particular source. 
Such a situation could arise, for example, if a 
number of studio centres (and, possibly, outside 
broadcast sites) are equipped with digital appara- 
tus for transmission, recording or mixing, and 
programmes are exchanged between these centres 
in digital form. In this situation the digital 
equipment would all operate at nominally the 
same sampling rate (32 kHz)*, and the equipment 
at each centre (or OB site) would most likely be 
locked to a local source of sampling-rate pulses. 

Perhaps the most obvious and straightforward 
method of synchronising the sampling rate of a 
digital signal with the sampling-rate clock in pro- 
cessing apparatus is to decode the incoming signal 
with a digital-to-analogue converter (d.a.c.) and 
then re-code it with an analogue-to-digital con- 
verter (a.d.c.) operating at the required sampling 
rate. Another (and equivalent) method would be 
to use a digital interpolator 1 . Either method could 
be used in situations where very large or very small 
differences exist between sampling rates, and both 
methods increase the level of quantisation noise 
present in the signal. The first method could 
be made very flexible, so that quite a wide 
range of sampling-rate differences could be ac- 
commodated by the d.a.c. /a.d.c. pair, but the cost 
would be relatively high as precision, fast a.d.cs. 
and d.a.cs. are expensive. A digital interpolator 
could prove rather less costly, especially if the 
sampling frequencies involved are in a fixed, 
simple integer ratio (e.g. 2:3). 

If the difference between sampling rates is 
very small, as would be the case if a number of 



' Commercial digital sound equipment designed for the recording 
industry and operating at different sampling rates might be used 
in some areas. Digital signals from this equipment would undergo 
a sampling-rate changing process to bring them to 32 kHz before 
transmission 



digital sources were to operate at nominally the 
same sampling rate, it is possible to effect synchroni- 
sation by using a buffer store between the input 
signal and the processing equipment. The incoming 
signal samples would be fed into the buffer store 
at the input rate, and the processor would remove 
samples from the store in sequence at its own 
sampling rate. Thus the buffer store would operate 
as a variable delay to compress or expand the 
input signal in time very slightly in order to 
achieve synchronisation. Every so often the 

buffer store would need to be reset to the half-full 
condition in order to avoid becoming full or 
empty, this at a frequency which would depend 
upon the size of the store and the difference between 
the sampling rates. The resetting involves a discard- 
ing or repetition of blocks of samples, but by 
arranging that this occurs during pauses in the 
programme, the impairment caused can be minimised. 
The effect is that some of the programme pauses 
are slightly lengthened or shortened. A synchron- 
iser working on this principle would not increase 
the level of quantisation noise present in the digital 
sound signal. 

Another possible application for a variable- 
delay synchronisation technique would be as an 
alternative to a justification process in digital 
multiplexing. In digital multiplexing a number of 
digital signals are combined into a single bit stream, 
and either the individual digital signals have to be 
integer-related to the multiplexer clock rate or a 
justification process has to be used 2 . With 
justification, the effective bit rates of the input 
signals are controlled by the addition or sub- 
traction* of bits so that asynchronous signals are 
made to appear synchronous for the purposes of 
multiplexing. De-justification processes are then 
used after de-multiplexing to restore the bit-rates 
of the original input signals. Since justification 
is a technique for use with signals which normally 
have a bit rate which is reasonably close to the 
required synchronous rate, variable-delay synchroni- 
sation could be used as an alternative to justifi- 
cation, thereby simplifying the multiplexer and 
removing a source of timing jitter. A further 
synchroniser might be needed after demultiplexing, 
depending upon whether the digital signals were 
to be decoded immediately into analogue form or 

* Subtraction of bits is possible only in positive/negative justification; 
in a positive justification system only the addition of bits is 
permissible. 
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passed on in digital form for further processing or 
transmission in another multiplex "package". 



2. The experimental variable-delay synchroniser 

A block schematic diagram of an experimental 
variable-delay synchroniser 3 is shown in Fig. 1. 
This synchroniser was designed to accept a digital 
sound signal sampled at a nominal rate of 32 kHz, 
accurate to within about 1 part in 10 6 , and to 
effect synchronisation with another source of 32 
kHz sampling rate (of the same accuracy). 

The variable delay, on the right-hand side of 
the diagram, comprises a 256 x 16-bit word "FIFO" 
(first-in/first-out) store. Sound sample words 
enter the store at the input sampling rate, and are 
read out at the required output sampling rate. As 
a result of the difference between sampling rates, 
the store fills or empties, and from time to time 
samples need to be repeated or discarded in order 
to prevent the store becoming completely full or 
empty (and thus being unable to continue operating 
as a synchronising element). The variable-delay 
control logic keeps a check on the state of the 
store and initiates the discarding or repetition of 
data so that the store is reset to the half-full con- 
dition when necessary. 

The control logic is arranged so that it takes 
no action as long as the store is between one- 



quarter and three-quarters full. This is so that 
small, random fluctuations in sampling rates or 
regular periodic changes (as might be caused by 
thermal cycling of crystal ovens) do not cause the 
synchroniser to reset the store unnecessarily fre- 
quently, alternately discarding and repeatingsam pies. 
By operating in this way, the synchroniser settles 
down to make the minimum number of resetting 
operations, either discarding or repeating samples 
to effect the long-term adjustment of sampling rate. 

In order to minimise the audible impairment 
caused by discarding or repeating sample words, 
resetting of the store takes place automatically 
during programme "pauses", when only the least 
significant bits of the input signal are changing. 
In this way, any disturbances introduced into the 
audio signal are of relatively low amplitude. The 
duration of the quiet period is of importance, as 
any programme pause which is taken as an 
opportunity to reset the store must last long enough 
for up to 128 samples to be discarded or repeated 
within the time taken by the pause without 
producing audible impairment. 

Referring to Fig. 1, the difference detector 
compares successive samples of the input bit stream 
(the samples are converted into sign-plus-magnitude 
form for this purpose), and starts the counter when- 
ever the difference between samples is sufficiently 
small. When the difference between successive 
samples becomes sufficient for the detector to 
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Fig, 1 - Basic diagram of variable-delay synchroniser 
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register the end of the pause, it stops and clears the 
counter, and then awaits the next pause. If the 
duration of the pause is sufficient for resetting to 
take place, the counter signals this fact to the 
control logic, which can then reset the store if it is 
less than one-quarter full or more than three- 
quarters full. The technique of measuring 
difference between samples rather than detecting 
low-level signal samples avoids difficulties from 
possible inadvertent d.c. offset in the coded signal. 

A 128-sample delay is provided after the 
2-sample store ahead of the variable delay to ensure 
that whenever samples are discarded these comprise 
entirely pause material which has been held in the 
128-sample delay pending a decision by the counter 
and control logic to reset the store. 

In this experimental synchroniser the diff- 
erence detector could be set to examine the activity 
in a minimum of 5 and a maximum of 11 most- 
significant bits of the magnitude signal, thus 
giving a pause threshold setting which could 
be adjusted from —30 dB to —66 dB relative to 
peak signal level in 6 dB steps. The counter could 
be set to trigger the control logic after pauses of 
128, 256, 512, 1024 or 2048 sample periods 
duration (corresponding to pauses lasting 4, 8, 16, 
32 or 64 milliseconds). With the chosen method 
of seeking a pause in the programme a very low- 
frequency signal of somewhat higher amplitude 
than the nominal threshold can be interpreted as a 
pause since the sample-to-sample difference will be 
small. The effective threshold is thus somewhat 
frequency dependent at the lowest frequencies, 
nevertheless the synchroniser operation was found 
to be satisfactory. Many of the tests described in 
the next Section were conducted in order to de- 
termine the optimum settings for the difference 
detector and the counter. 

Two further facilities were incorporated in 
the experimental equipment, which would probably 
not be provided in a production model synchroniser. 
The first was a switch to disable the resetting 
action of the control logic so that the store could 
fill or empty, and the synchroniser action would 
then eventually cease and single-sample slips would 
occur. The second was a switch to enable the 
synchroniser either to make single-sample slips 
when the store reached the full or empty con- 
dition whilst awaiting a suitable opportunity to 
reset to the half-full condition, or to reset the 
store immediately upon reaching the full or empty 
condition even though no suitable pause conditions 
existed. 

For stereo operation, it is necessary to ensure 



that the same delay is introduced into both left 
and right channels, so that the stereo image does 
not become displaced. As variable delays would 
therefore have to be "ganged" for this application, 
a stereo synchroniser would require one set of 
control logic operating on two variable delays, 
with pause detection in both channels. 



3. Tests on the experimental synchroniser 

3.1 Description of tests 

The synchroniser was installed, for the purpose 
of tests, between a 16-bit a.d.c. and d.a.c. specifi- 
cally designed for use with high-quality sound 
signals. The a.d.c. and d.a.c. were each provided 
with their own highly-stable source of clock 
signals; in one case this was a crystal-controlled 
oscillator, in the other case a precision frequency- 
synthesiser. Most of the tests conducted were 
listening tests, and for these a number of experi- 
enced listeners were invited to judge the levels of 
impairment introduced into the sound signals by 
the synchroniser when these were replayed via a 
BBC high-quality monitoring loudspeaker type 
LS5/8 in a listening room with low ambient noise 
level (25 dBA). The listening room had a mid- 
band reverberation time of about 0.3 s and a volume 
of 85 cubic metres; listening level was adjusted to 
peak at about 90 dBA. 

No formal subjective tests were conducted, but 
assessment of the impairment was reached by 
demonstrating the nature of the impairment to be 
encountered under circumstances which exaggerated 
its subjective effect, and then reproducing the 
impairment with the normal conditions for the 
listeners to make their judgement. The whole 
listening test was arranged in the form of a 
demonstration as an alternative to a formal sub- 
jective test because it was felt that the formal 
test would have proved very tedious; also the 
immediate response of the listeners was found to 
be most valuable in the conduct of tests. Many of 
the signals which had been processed by the 
synchroniser in the tests, including those played to 
the listeners, were recorded on audio tape so that 
these would be available for further evaluation at a 
future date, if necessary. A block schematic diagram 
of the experimental arrangement used for the tests 
is shown in Fig. 2. 

Preliminary tests were conducted to determine 
the subjective impairment produced by single- 
sample "slips" (omissions or repetitions) occurring 
when the a.d.c. and d.a.c. were operating at slightly 
different sampling rates, with no synchronisation 
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taking place. The impairment caused when the 
synchroniser repeated or omitted blocks of 128 
samples was also studied; the closing bars of the 
orchestral prelude to "Irmelin" by Delius were 
found to be particularly valuable in this test, as the 
morendo ("fading away to nothing") effect in the 
final passage of the music enabled the listeners to 
judge the optimum sensitivity setting for the 
difference detector. Other tests included playing a 
variety of different types of programme material 
through the synchroniser to assess the duration 
required for a suitable pause in the programme for 
128 samples to be repeated or discarded, and to 
determine how readily the synchroniser would be 
able to reset itself when processing sound broad- 
cast programme material. 

3.2 Discussion of test results 

When the audio a.d.c. and d.a.c. were connected 
together directly, without the digital signals passing 
through the synchroniser, severe impairments were 
evident in the form of "clicks" which occurred at a 
frequency which was the difference between the 
a.d.c. and d.a.c. sampling rates. The loudness of 
these "clicks" appeared to vary in a random manner, 
and it was quite obvious that errors were being 
introduced into the decoding process. 

The variable-delay synchroniser was then 
connected between the a.d.c. and d.a.c, and 
operated just as a digital latch (this was effected by 
keeping the store in the synchroniser at the "full" 
or "empty" condition so that no synchronisation 
was taking place — ■ the only contribution being 
made by the synchroniser was the action of the out- 
put latch). This removed the "clicks" from the 
signal, but a regular, pulsating disturbance at the 
difference frequency remained in the signal; this 
was much less offensive than the sound of the errors, 
but it could be heard quite clearly on an audio tone 
and when certain types of musical programme 



were being played through the equipment. 

During operation as a buffer-store (when 
samples were entering the variable delay at the 
input sampling rate, and leaving at the output rate) 
the variable-delay synchroniser was able to effect 
changes in sampling rate without introducing any 
perceptible impairment. When blocks of 128 
samples were repeated or discarded, this produced 
a relatively inoffensive sound, rather like a muffled 
"heartbeat" in the background of loud signals, and 
was virtually undetectable in the presence of very 
quiet signals. Listening tests, using the orchestral 
test passage mentioned in Section 3.1, established 
that pauses in the programme in which the 
synchroniser store could be reset to half-full 
unobtrusively should be defined as periods for 
which no changes are taking place in the eight 
most-significant magnitude bits (i.e. bits 2—9) of the 
sign-plus-magnitude version of the input signal. 
In terms of signal amplitude, this means that the 
signal must remain below —48 dB relative to 
peak signal level (except for the lowest frequency 
components, below about 100 Hz, which may be 
present at a slightly higher level). 

Listening tests with a variety of musical items 
showed that when a block of samples (comprising 
between 64 and 128 samples) needed to be repeated 
or discarded, a pause of 256 sample periods was 
sufficient for this operation. If the counter (see 
Fig. 1) was adjusted so that resetting could not 
take place unless substantially longer pauses than 
512 sample periods occurred, the synchroniser had 
great difficulty in finding suitable opportunities 
for discarding or repeating data, and no significant 
improvement was obtained in the performance by 
making the synchroniser wait for relatively long 
pauses. 

With the synchroniser thus adjusted so that 
it could reset its store in pauses when the signal 
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level was below —48 dB relative to peak level for 
at least 256 sample periods, tests were conducted 
with different types of broadcast programme 
material to ascertain whether or not the synchroniser 
could maintain satisfactory operation, without filling 
or emptying its store. The difference in sampling 
rates was set to 1 in 10 s (i.e. 0.32 Hz), so that the 
"slip" rate was one sample every 3 seconds and the 
synchroniser store was thus capable of effecting 
synchronisation for a period of up to 6.67 minutes 
without resetting. Under these conditions, the 
results obtained were most encouraging. No 
problems were experienced when the synchroniser 
was handling speech programme or orchestral music. 
Even light orchestral material of an apparently 
continuous nature was found to contain suitable 
pauses for resetting. In fact, only one type of 
programme gave any trouble at all; this was the 
"Jimmy Young Show". Neither the popular music 
presented nor the speech of the presenter contained 
anything which the synchroniser could recognise as 
a pause nor were there any gaps between the two! 
This situation seems to be very unusual, as other 
programmes of a similar nature under the control 
of different presenters gave no problems. 

The listeners were told of this resetting prob- 
lem, and most expressed the opinion that the syn- 
chroniser should, under the circumstances, reset 
itself immediately the store reaches the full or 
empty condition rather than remain at the full or 
empty condition repeating or discarding single 
samples until a suitable pause occurs. It seems 
unlikely that the occasional repetition or removal 
of a block of 128 samples would be noticed at all 
in programme material of this nature. 

As a result of the tests, therefore, it seems 



that reasonable settings for the store control logic 
are such that the store can be reset after 256 sample 
periods (i.e. 8 ms) with the signal level at or below 
the —48 dB threshold. With these conditions a fre- 
quency difference of ± 1 in 10 s can be accommodated 
by the synchroniser for most types of programme 
material, although it is probably worthwhile stabil- 
ising sampling rates to within ± 1 in 10 6 in order to 
be able to accommodate the most difficult types of 
programme which may occur from time to time. 

If the synchroniser were required to syn- 
chronise signals with greater differences between 
their sampling rates, this would mean that either 
more frequent resetting would be required or that 
a larger store would be needed. In the latter case, 
when resetting does take place, longer pauses would 
be needed to accommodate the reset operation. 
Because of this, it is preferable to ensure the 
sampling rates of digital sound signals are main- 
tained to a reasonably close tolerance. 

Table 1 show the relationship between 
sampling-rate difference and the rate at which 
single-sample slips occur (in the absence of a 
synchroniser) and also the maximum period for 
which the experimental variable delay synchroniser 
can operate before the store requires to be reset. 



4. Conclusions 

An experimental sampling-rate synchroniser 
working on a variable delay principle with auto- 
matic resetting during relatively quiet periods in 
the programme has shown that it can satisfactorily 
synchronise digital audio signals which have 
sampling rates which differ by up to ± 1 in 10 s 



TABLE 1 
Rate of single-sample slips (with no synchronisation) and maximum period between store resets when 
synchroniser is in use for various differences between input and output (nominal 32 kHz) sampling rates 



Difference between input and 
output sampling rates 


Rate of single-sample 
slips (when no synch- 
ronisation is taking place) 


Maximum period between 

store resets when 
synchroniser is operating 


2 in 10 7 (i.e. input and 

output sample rates are at 

± 1 in 10 7 relative to nominal 

32 kHz rate) 


1 in 156 seconds 
(i.e. 1 in 2.6 minutes) 


330 minutes 
(i.e. 5.5 hours) 


2 in 10 6 


1 in 15.6 seconds 


33 minutes 


2 in 10 s 


1 in 1.56 seconds 


3.3 minutes 


2 in 10 4 


6.4 per second 


20 seconds 
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from their nominal rate. However, it is recommended 
that sampling rates be stable to within ± 1 in 10 5 
of nominal rate if this type of synchroniser is to be 
used in service. With most types of programme 
material, no perceptible impairment of the audio 
signal results from the use of this type of 
synchroniser. Moreover, the technique does not 
cause any increase in the level of quantisation 
noise. 

The variable-delay synchroniser could find 
an application in studio equipment, where it could 
be used to synchronise digital audio signals from 
different sources for processing in a mixer. In 
transmission equipment, the synchroniser could be 
used to make small adjustments to the sampling- 
rate of a digital audio signal prior to multiplexing; 
this would enable synchronous multiplexing equip- 
ment to carry a number of asynchronous audio 



signals, as an alternative to asynchronous multi- 
plexing (which would incorporate a justification 
process). 
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